NOISE REDUCTION APPARATUS AND NOISE REDUCTION METHOD 
BACKGROUND OF THE INVENTION 

1. Field of the Invention 

The present invention relates to a noise reduction apparatus 
and a noise reduction method which is used for audio reproducing 
system containing various types of audio components. 

2. Description of the Related Art 

A noise reduction technique is used for a tape deck in order to 
reduce hiss noise in sound. In this noise reduction technique, the level 
of the sound in middle and high frequency bands is compressed when 
recording, and the compressed sound is expanded when reproducing. 
In this manner, hiss noise contained in the sound from the tape can be 
reduced. However, this technique has a disadvantage that it is needed 
to compress the sound level when recording. That is, this noise 
reduction cannot be effected for the sound that is not compressed. 

In recent years, there are various types of audio apparatuses, 
such as a CD (Compact Disk) player, a cassette desk, a tuner, an MD 
(Mini Disk) player, etc.. Therefore, an audio reproduction system 
which contains these audio apparatuses as audio components and 
controls the reproduction of these audio components has been 
developed. In such an audio reproducing system, all the reproducing 
signals output from the audio components are passed through one 
common signal processing circuit, and then, these signals are sent to 
output devices such as speakers or the like. 
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In such an audio reproducing system, the noise reduction is 
needed in order to make sound clearer. However, as the audio 
reproducing system has different types of audio components, the 
different noise reduction circuit or device is needed for every audio 
component. Because, in order to reduce noise effectively, it is 
necessary to set parameters (e.g., a threshold level for cutting noise) of 
the noise reduction circuit or device in such a condition that these 
parameters are matched the level of the reproducing signal output from 
each audio component. The levels of the reproducing signals output 
from the respective audio components are different from each other. 
Therefore, a plurality of noise reduction circuits or devices are needed 
depending on the number of the types of audio components. As a 
result, the construction of the audio reproducing system becomes 
complex. In addition, if one common noise reduction circuit or device, 
whose parameters are set to match one of the audio components, is 
used, it is difficult to achieve optimum noise reduction for every audio 
components. 



SUMMARY OF THE INVENTION 



It is therefore an object of the present invention to provide a 
noise reduction apparatus and a noise reduction method wherein, if a 
plurality of input signals each having different level are input, noise 
components contained in the respective input signals can be effectively 
reduced. 

According to a noise reduction apparatus of the present 



invention, the above mentioned object can be achieved. The noise 
reduction apparatus of the present invention has: a detecting device for 
detecting a level of the noise component; an adjusting device for 
adjusting a level of the input signal so as to make the level of the noise 
component equal to or lower than a predetermined threshold level; a 
reducing device for reducing a signal component of the adjusted input 
signal whose level is equal to and lower than the predetermined 
threshold level; and a restoring device for restoring a level of the 
adjusted input signal to the level of the input signal that has not been 
adjusted by the adjusting device yet. 

The reducing device can reduce the signal component of the 
input signal whose level is equal to and lower than the predetermined 
threshold level. Therefore, if the level of the noise component 
contained in the input signal is equal to or lower than the predetermined 
threshold level, the noise component can be reduced by the reducing 
device. 

If the level of the noise component contained in the input signal 
is higher than the predetermined threshold level, the adjusting device 
adjusts the level of the input signal so as to make the level of this noise 
component equal to or lower than the predetermined threshold level. 
Therefore, this noise component can be reduced by the reducing device. 

Thus, if various input signals whose levels are different from 
each other are input, the noise components contained in these 
respective input signals can be effectively reduced by one reducing 
device. Furthermore, as the noise components contained in these 
respective input signals can be effectively reduced by one reducing 



device, it is possible to simplify the construction of the noise reduction 
apparatus. 

The detecting device may include: an extracting device for 
extracting a high frequency component of the input signal; a rectifying 
device for rectifying the extracted high frequency component; an 
envelope generating device for generating an envelope signal of the 
extracted high frequency component; and a level analyzing device for 
detecting a lowest level of the envelope signal. 

The property of the high frequency component of the input 
signal is very similar to the property of a pulse signal. Therefore, if the 
component having the lowest level is detected from the high frequency 
component of the input signal, this lowest level component may be 
considered as the noise component. Thus, the level of the noise 
component can be easily and accurately detected. 

The detecting device may include a sound existing part 
detecting device for detecting a sound existing part of the input signal; 
and a noise level detecting device for detecting the level of the noise 
component which is contained in the sound existing part. The sound 
existing part means a part of the input signal where sound, such as 
music, voice or the like, is actually existing. Since the sound existing 
part of the input signal is detected and the noise level detection is only 
performed on the sound existing part, it is possible to detect the level of 
the noise component accurately. 

The reducing device may include: a dividing device for dividing 
the adjusted input signal into a plurality of divisional components whose 
frequency bands are different from each other; a plurality of signal level 



detecting devices, each of which detects a level of one of the divisional 
components; a plurality of attenuating devices, each of which attenuates 
one of the divisional components on the basis of the detected level of 
the corresponding divisional component; a mixing device for mixing all 
of the attenuated divisional components. As the input signal is divided 
into a plurality of divisional components whose frequency bands are 
different from each other, it is possible to sufficiently reduce the noise 
component. 

The adjusting device may include an attenuator, and the 
restoring device may include an amplifier. In this case, the amplifier 
may amplify the adjusted input signal by using an inverse number of an 
attenuation factor of the attenuator as an amplification factor. 
Therefore, the amplification factor of the amplifier can be easily 
calculated. 

According to a noise reduction method of the present invention, 
the above mentioned object can be also achieved. The noise 
reduction method has the processes of: detecting a level of the noise 
component; adjusting a level of the input signal so as to make the level 
of the noise component equal to or lower than a predetermined 
threshold level; reducing a signal component of the adjusted input 
signal whose level is equal to and lower than the predetermined 
threshold level; and restoring a level of the adjusted input signal to the 
level of the input signal that has not been adjusted in the adjusting 
process yet. 

The detecting process may include the processes of: extracting 
a high frequency component of the input signal; rectifying the extracted 



high frequency component; generating an envelope signal of the 
extracted high frequency component; and detecting a lowest level of the 
envelope signal. 

The detecting process may include the processes of: detecting 
a sound existing part of the input signal; and detecting the level of the 
noise component which is contained in the sound existing part. 

The adjusting process may include the processes of: 
determining whether or not the level of the noise component is higher 
than the predetermined threshold level; and adjusting a level of the 
input signal so as to make the level of the noise component equal to or 
lower than the predetermined threshold level if it is determined in the 
determining process that the level of the noise component is higher than 
the predetermined threshold level. 

The reducing process may include the processes of: dividing 
the adjusted input signal into a plurality of divisional components whose 
frequency bands are different from each other; detecting a level of each 
of the divisional components; attenuating each of the divisional 
components on the basis of the detected level of the corresponding 
divisional component; mixing all of the attenuated divisional 
components. 

The nature, utility, and further feature of this invention will be 
more clearly apparent from the following detailed description with 
respect to preferred embodiments of the invention when read in 
conjunction with the accompanying drawings briefly described below. 

BRIEF DESCRIPTION OF THE DRAWINGS 



FIG.1 is a block diagram showing a configuration of an 
information reproducing apparatus of an embodiment of the present 
invention; 

FIG. 2 is a block diagram showing a configuration of a noise 
analyzing portion of the information reproducing apparatus; 

FIG. 3 is a block diagram showing a configuration of a noise 
reduction portion of the information reproducing apparatus; 

FIG. 4 is a timing chart showing wave forms of signals in the 
noise analyzing portion; 

FIG.5A is a graph showing an attack time of an LPF of the 
noise analyzing portion; 

FIG.5B is a graph showing a release time of an LPF of the 
noise analyzing portion; 

FIG. 6 is a graph showing frequency properties of the noise 
reduction portion; and 

FIG. 7 is a graph showing attenuation properties of the noise 
reduction portion. 

DETAILED DESCRIPTION OF THE PREFERRED EMBODIMENTS 

Referring to the accompanying drawings, an embodiment of the 
present invention will be now described. In the description set forth 
hereinafter, a noise reduction apparatus is adapted for an information 
reproducing apparatus having a tuner, a CD player and a cassette deck. 

First, the configuration of the information reproducing 



apparatus will be described with reference to FIGs.1 through 3. 

As shown in FIG.1, an information reproducing apparatus 100 
has a tuner 51, a CD player 52, a cassette deck 53, a noise analyzing 
portion 1, a gain controller 2, a noise reduction portion 3, an attenuator 
4, an amplifier 5 and a reproducing portion 6. 

As shown in FIG. 2, the noise analyzing portion 1 has an HPF 
(High Pass Filter) 1 0, a first rectification circuit 1 1 , a first LPF (Low Pass 
Filter) 12, a level analyzing circuit 13, a second rectification circuit 14, 
and a second LPF 15. 

As shown in FIG. 3, the noise reduction portion 3 has four NR 
(Noise Reduction) sections 3a, 3b, 3c and 3d and a mixer 27. 

The first NR section 3a has an LPF 20a, an FWR (Full Wave 
Rectification) portion 21a, a wave forming portion 22a, a level detecting 
device 23a, a control portion 24a, a memory 25a and an attenuating 
device 26a. 

The second NR section 3b has a BPF 20b, an FWR portion 21b, 
a wave forming portion 22b, a level detecting portion 23b, a control 
portion 24b, a memory 25b and an attenuating device 26b. 

The third NR section 3b has a BPF 20c, an FWR portion 21c, a 
wave forming portion 22c, a level detecting portion 23c, a control portion 
24c, a memory 25c and an attenuating device 26c. 

The fourth NR section 3d has an HPF 20d, an FWR portion 21 d, 
a wave forming portion 22d, a level detecting portion 23d, a control 
portion 24d, a memory 25d and an attenuating device 26d. 

Next, an operation of the information reproducing apparatus 
100 will be described. In addition, in the following operation, all of the 
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signals are digital signals, and all of the processes are performed in 
digital. 

First, an operation of the whole of the information reproducing 
apparatus 100 will be described with reference to FIG.1. 

In FIG.1, when an input signal (i.e., reproducing signal) Si is 
input from one of the audio components, namely, the tuner 51, the CD 
player 52 and the cassette deck 53, into the noise analyzing portion 1, 
the noise analyzing portion 1 detects a level of noise contained in the 
input signal Si, and generates a level detecting signal Sa. This signal 
Sa is fed into the gain controller 2. 

Next, the gain controller 2 generates a first control signal Ssg 
on the basis of the level detecting signal Sa, and feeds the control 
signal Ssg to the attenuator 4. In the attenuator 4, the control signal 
Ssg is used for adjusting the level of the whole of the input signal Si in 
order to enable the noise reduction portion 3 to effectively reduce the 
noise level of the input signal Si. Furthermore, the gain controller 2 
generates a second control signal Ssgs, and feeds this to the amplifier 5. 
In amplifier 5, the control signal Ssgs is used for adjusting the level of 
the whole of the input signal Si so as to restore this level to the former 
level (i.e., the level of the input signal Si that has not been adjusted by 
the attenuator 4 yet). 

The attenuator 4 adjusts (e.g. reduces) the level of the whole 
of the input signal Si, and feeds this signal as an adjusted input signal 
Sia to the noise reduction portion 3. 

Next, the noise reduction portion 3 divides the adjusted input 
signal Sia into several predetermined frequency bands, and reduces 




noise contained in the adjusted input signal Sia for each frequency band. 
The resultant signal is fed as a noise reduced signal Snr into the 
amplifier 5. In addition, the level of the whole of the adjusted input 
signal Sia is the same as the level of the whole of the noise reduced 
signal Snr. 

Next, the amplifier 5 adjusts (e.g. increases) the level of the 
whole of the noise reduced signal Snr so as to make this level equal to 
the level of the whole of the input signal Si, and feeds this adjusted 
signal as an amplified signal Sno to the reproducing portion 6. In this 
manner, the noise component contained in the input signal Si output 
from each audio component can be reduced while keeping the whole 
level of this input signal Si constant. 

Finally, the reproducing portion 6 decodes the amplified signal 
Sno, and outputs the decoded signal as output signal So. 

Next, an operation of the noise analyzing portion 1 will be 
described in detail with reference to FIGs.2 through 4. 

The rectification circuit 14 and the LPF 15 operate to generate 
an extracted signal SI, which is used for discriminating between sound 
existing parts and blank parts of the input signal Si. In addition, the 
sound existing part means a part where the sound is actually existing. 
The blank part means a part where the sound does not exist. On the 
other hand, the HPF 10, the rectification circuit 11, the LPF 12 and the 
level analyzing circuit 13 operate to generate the aforementioned level 
detecting signal Sa. 

In FIG. 2, the input signal Si is fed into the HPF 10 and the 
rectification circuit 14. The rectification circuit 14 generates a rectified 
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signal Sin. It is desirable that a full wave rectification circuit is used as 
the rectification circuit 14. 

Then, the LPF 15 extracts the low frequency component of the 
rectified signal Sin (i.e., generates an envelope signal representing the 
envelope of the rectified signal Sin), and feeds this signal as the 
extracted signal SI to the level analyzing circuit 13. 

In the LPF 15, its attack time is set at about 1 millisecond and 
its release time is set within the range of about 100 to 1000 millisecond. 
Here, the attack time and the release time will be explained with 
reference to FIG. 5. As shown in FIG.5A, the attack time indicates a 
delay of the increasing of the level of the extracted signal SI, as 
compared with the increasing of the level of the rectified signal Sin. 
Concretely, the attack time indicates a time period Ata2 from a rise 
time of the rectified signal Sin to a time that the level of the extracted 
signal SI reaches 70 % of a predetermined level V1 of the rectified 
signal Sin. In addition, the time period Ata1 indicates a rise time of 
the rectified signal Sin to a time that the level of the rectified signal Sin 
reaches the predetermined level V1. 

The release time indicates a delay of the decreasing of the 
level of the extracted signal SI, as compared with the decreasing of the 
level of the rectified signal Sin, as shown in FIG.5B. Concretely, the 
release time indicates a time period Atr2 from a fall time of the rectified 
signal Sin to a time that the level of the extracted signal SI reaches 30 % 
of the predetermined level V1 of the rectified signal Sin. In addition, 
the time period Atr1 indicates a fall time of the rectified signal Sin to a 
time that the level of the rectified signal Sin reaches a predetermined 
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level V2, such as a zero level. 

Generally, in order to enhance the following response or the 
tracking response of the LPF, it is desirable to make the attack time and 
the short release time shorter. Concretely, in FIG.5A, it is desirable to 
make the time period Ata2 closer to the time period Ata1 . In FIG.5B, 
it is desirable to make the time period Atr2 closer to the time period A 
tr1. 

When the input signal Si is fed into the HPF 10, the low 
frequency component of the input signal Si is cut off by the HPF 10. 
Thus, the high frequency component is passed though the HPF 10, and 
fed as a high pass signal Sh into the rectification circuit 11. A second, 
third or fourth-order digital high pass filter is used as the HPF 1 0, and its 
cut-off frequency is set at about 10 through 18 kHz. Furthermore, in 
consideration of the case that the input signal Si is a music signal from 
the tuner 51, the HPF 10 may attenuate the input signal Si of 19 kHz, 
which corresponds to the frequency of a test tone signal of the FM 
stereo tuner (this signal is not actually needed for reproduction of 
sound.). 

As mentioned above, in the analyzing portion 1, the high 
frequency component of the input signal Si is used for the noise level 
detection. Therefore, it is easy and accurate to detect the noise 
component from the input signal Si. This is because the property of 
the high frequency component of the sound existing part of the music 
signal is very similar to the property of a pulse signal, and therefore, if 
the component having the lowest level is extracted from the high 
frequency component of the input signal Si, this lowest level component 

12 



may be considered as the noise component. 

Next, the rectification circuit 11 rectifies the high pass signal 
Sh, and generates a rectified signal Shn. It is desirable that a full 
wave rectification circuit is used as the rectification circuit 11. 

Next, the LPF 12 extracts the low frequency component from 
the rectified signal Shn (i.e., generates an envelope signal of the 
rectified signal Shn), and feeds this signal as an extracted signal Sin 
into the level analyzing circuit 13. 

Like the LPF 1 5, the attack time of the LPF 1 2 is set at about 1 
millisecond in order to detect the noise level accurately. On the other 
hand, the release time of the LPF 1 2 is shorter than that of the LPF 1 5 in 
order to accurately detect the noise that appears in the rectified signal 
Shn in a short time. For example, this release time is set within the 
range of about 10 to 100 millisecond. 

Next, the level analyzing circuit 13 detects the sound existing 
part of the input signal Si by using the extracted signal SI generated by 
the rectification circuit 14 and the LPF 15 in the following manner. The 
level analyzing circuit 13 compares the level of the extracted signal SI 
with the level of a system noise. The system noise is noise that occurs 
from the rectification circuit 14 and the LPF 15 when no input signal is 
input to the rectification circuit 14 and the LPF 15. If the level of the 
extracted signal SI is higher than the level of the system noise, the level 
analyzing circuit 13 determines that the sound existing part is now being 
input. On the other hand, if the level of the extracted signal SI is equal 
to or lower than the level of the system noise, the level analyzing circuit 
1 3 determines that the blank part is being input. In addition, in order to 
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make this determination easy and accurate, the attack time and the 
release time of the LPF 15 are set at the aforementioned values, 
respectively, 

While the sound existing part is being input, the level analyzing 
circuit 13 detects the level of noise contained in the extracted signal Sin 
which is fed from the LPF 12 in the following manner. First, the level 
analyzing circuit 13 detects the level of the extracted signal Sin every 
predetermined sampling time period. Next, the level analyzing circuit 
13 compares the level of the extracted signal Sin that is detected in one 
sampling time period with the level of the extracted signal Sin that is 
detected in the next sampling time period, and select a lower one. 
Next, the level analyzing circuit 13 sets the selected level as a level of a 
level detecting signal Sa, and outputs this level detecting signal Sa. 
By repeating these operations, the level of the level detecting signal Sa 
becomes low, and approaches the noise level of the input signal Si, as 
shown in FIG. 4. This level finally becomes equal to the noise level of 
the input signal Si. More concretely, as shown in FIG. 4, the maximum 
level Vrm of the level range within which the level analyzing circuit 13 
can normally perform the analysis of the extracted signal Sin is initially 
set as the initial level of the level detecting signal Sa. That is, the level 
analyzing circuit 13 initially outputs a signal having the maximum level 
Vrm as the level detecting signal Sa. Thereafter, if the extracted 
signal Sin whose level is lower than the maximum level Vrm is input, the 
level analyzing circuit 1 3 holds this level. Furthermore, if the extracted 
signal Sin whose level is lower than the previous level is input, the level 
analyzing circuit 13 holds this level. In this manner, the level detecting 
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signal Sa is gradually lowered and approaches the noise level of the 
input signal Si. 

In addition, the aforementioned process of the level analyzing 
circuit 13 is performed on the premise that the noise level of the input 
signal Si is constant unless the output source of the input signal Si is 
changed. For example, while the input signal Si is being input from the 
cassette deck 52, the level analyzing circuit 13 operates on the premise 
that the noise level of this input signal Si does not change. However, 
there is a case that the noise level of the input signal Si changes while 
the input signal Si is input from the one audio component (i.e, the audio 
component is not changed). In this case, a couple of level analyzing 
circuits may be prepared. These circuits operate in the following 
manner. The first level analyzing circuit generates the level detecting 
signal, and supplies this signal to the gain controller 2. At first, the 
first level analyzing circuit keeps the level of this level detecting signal. 
On the other hand, the second level analyzing circuit renews the level 
detecting signal frequently (e.g., every about 4 through 5 second), and 
then, the level of the level detecting signal generated by the second 
level analyzing circuit is compared with the level of the level detecting 
signal generated by the first level analyzing circuit. If the level of the 
level detecting signal generated by the second level analyzing circuit is 
higher than the level of the level detecting signal generated by the first 
level analyzing circuit, and if this condition continues, the level detecting 
signal to be supplied to the gain controller 2 is switched from the level 
detecting signal generated by the first level analyzing circuit to the level 
detecting signal generated by the second level analyzing circuit. 
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Next, an operation of the gain controller 2 will be described. 
The gain controller 2 generates the control signal Ssg which is used for 
setting the attenuation factor of the attenuator 4 and the control signal 
Ssgs which is used for setting the amplification factor of the amplifier 5. 

The gain controller 2 compares a threshold level Vnref to the 
level Va of the level detecting signal Sa. As described later, the 
threshold level Vnref is set in accordance with an attenuation property, 
which is stored in the memory 25d of the fourth NR section 3d of the 
noise reduction portion 3, and which is used for attenuating the high 
frequency component of the adjusted input signal Sia. 

If the level Va is equal to or lower than the threshold level Vnref, 

namely, 

Va ^ Vnref, (1) 
the gain controller 2 generates the control signals Ssg and Ssgs so as to 
set the attenuation factor of the attenuator 4 at zero and set the 
amplification factor of the amplifier 5 at zero. That is, the gain 
controller 2 generates the control signals Ssg and Ssgs such that the 
attenuator 4 does not attenuate the adjusted input signal Sia and the 
amplifier 5 does not amplify the noise reduced signal Snr. This is 
because, if Va ^ Vnref, the noise level of the input signal Si is within 
the level range in which the noise reduction portion 3 can effectively 
reduce the noise contained in the input signal Si. 

On the other hand, if the level Va is higher than the threshold 
level Vnref, namely, 

Va > Vnref, (2) 
the gain controller 2 generates the control signal Ssg so as to set the 
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attenuation factor Ga in accordance with the following equation (3): 

Ga = Vnref / Va, (3) 
and generates the control signal Ssgs so as to set the amplification 
factor Gb in accordance with the following equation (4): 

Gb = 1 / Ga = Va / Vnref. (4) 
This is because, if Va > Vnref, the noise level of the input signal Si 
exceeds the level range in which the noise reduction portion 3 can 
effectively reduce the noise contained in the input signal Si, and 
therefore, it is necessary to reduce this noise level to a certain level 
included in the level range within which the noise reduction portion 3 
can effectively reduce the noise contained in the input signal Si. 

Furthermore, if the level Va is equal to or higher than the 
maximum level Vrm of the level range within which the level analyzing 
circuit 13 (i.e., the information reproducing apparatus 100) can normally 
performed, namely, 

Va ^ Vrm, (5) 
the gain controller 2 generates the control signal Ssg so as to set the 
attenuation factor Ga in accordance with the following equation (6): 

Ga = Vnref / Vrm (= constant), (6) 
and generates the control signal Ssgs so as to set the amplification 
factor Gb in accordance with the following equation (7): 

Gb = 1 / Ga = Vrm / Vnref. (7) 
If Va ^ Vrm, the noise level of the input signal Si exceeds the noise 
level range within which the information reproducing apparatus 100 can 
effectively perform the noise reduction process. However, in this case, 
the noise contained in the input signal Si is reduced by using the 
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maximum attenuation factor in order to reduce the noise as much as 
possible. 

Next, the setting of the attenuation factor and the amplification 
factor under the control of the gain controller 2 will be described in detail 
with reference to FIG. 4. 

When the gain controller 2 sets the attenuation factor Ga of the 
attenuator 4 by using the control signal Ssg, the gain controller 2 does 
not set the attenuation factor at a stroke. The gain controller 2 sets 
the attenuation factor in such a manner that the attenuation factor 
gradually approaches the Ga, as shown in FIG. 4. Similarly, the gain 
controller 2 sets the amplification factor in such a manner that the 
amplification factor gradually approaches the Gb. Therefore, it is 
possible to remove the feeling of the change of sound level. (If the 
sound level quickly changes, the change of the sound level appears in 
the final sound signal. This causes degradation of the sound quality.) 

For example, as shown in FIG. 4, the gain controller 2 begins to 
change the attenuation factor after a time period T1 (e.g. about 100 
through 1000 millisecond) has passed since the gain controller 2 begins 
to sample the level detecting signal Sa. Thereafter, the gain controller 
2 changes the attenuation factor every about 1 0 through 1 00 millisecond, 
and the amount of the change of the attenuation factor is, for example, 
-0.5 dB for each action. 

Similarly, the gain controller 2 begins to change the 
amplification factor after a predetermined time period (e.g. about 100 
through 1000 millisecond) has passed since the gain controller 2 begins 
to sample the level detecting signal Sa. Thereafter, the gain controller 
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2 changes the amplification factor every about 10 through 100 
millisecond, and the amount of the change of the amplification factor is, 
for example, 0.5dB for each action. 

Next, an operation of the noise reduction portion 3 will be 
described with reference to FIGs.3, 6 and 7. 

In the noise reduction portion 3, the adjusted input signal Sia is 
divided into four components by the filters of the NR sections 3a-3d, and 
then, the level of each divided signal is detected, and then, each divided 
signal is attenuated by using a predetermined attenuation property, and 
C3 then, the divided signals are mixed, and then, the mixed signal is output 

M> as the noise reduced signal Snr. 

CO 

*Q More concretely, in the first NR section 3a, the LPF 20 extracts 

CO 

W the low frequency component of the adjusted input signal Sia, and feeds 

f this component into the attenuating device 26a and the FWR portion 

\* 21a. The frequency property of the LPF 20a is set at a predetermined 

*3 property, as shown in FIG. 6. 

8* Next, the FWR portion 21a performs the full wave rectification 

on the signal fed from the LPF 20a. 

Next, the signal rectified by the FWR portion 21a is fed into the 
wave forming portion 22a. The wave forming portion 22a operates as 
an LPF to detect the envelop of this rectified signal. Namely, the wave 
forming portion 22 generates the envelope signal on the basis of the 
predetermined attack time and release time. 

Here, the wave forming portion 22a serves to prevent the level 
of the rectified signal from changing quickly. If the level of the rectified 
signal changes quickly, the level detecting device 23a cannot follow this 
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change. Further, if the attenuating device quickly performs the 
attenuation, the change of the sound level becomes noticeable. These 
problem are solved by the wave forming portion 22a. 

Next, the signal is fed as a wave formed signal from the wave 
forming portion 22a to the level detecting device 23a. Then, the level 
detecting device 23a detects the level of the wave formed signal. 

Next, the control portion 24a controls the attenuating device 
26a on the basis of the detected level of the wave formed signal and the 
attenuating property which is pre-stored in the memory 25a. 

In the second NR section 3b, the BPF 20b extracts the middle 
frequency component of the adjusted input signal Sia, and feeds this 
component into the attenuating device 26b and the FWR portion 21b. 
The frequency property of the BPF 20b is set at a predetermined 
property, as shown in FIG. 6. 

Next, like the first NR section 3a, the full wave rectification, the 
wave formation and the level detection are performed on the extracted 
component by the FWR portion 21b, the wave forming portion 22b and 
the level detecting device 23b. Next, the control portion 24b controls 
the attenuating device 26b on the basis of the detected level and the 
attenuating property which is pre-stored in the memory 25b. 

In the third NR section 3c, the BPF 20c extracts the middle 
frequency component of the adjusted input signal Sia, and feeds this 
component into the attenuating device 26c and the FWR portion 21c. 
The frequency property of the BPF 20c is set at a predetermined 
property, as shown in FIG. 6. 

Next, like the first NR section 3a, the full wave rectification, the 
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wave formation and the level detection are performed on the extracted 
component by the FWR portion 21c, the wave forming portion 22c and 
the level detecting device 23c. Next, the control portion 24c controls 
the attenuating device 26c on the basis of the detected level and the 
attenuating property which is pre-stored in the memory 25c. 

In the fourth NR section 3d, the HPF 20d extracts the high 
frequency component of the adjusted input signal Sia, and feeds this 
component into the attenuating device 26d and the FWR portion 21 d. 
The frequency property of the HPF 20d is set at a predetermined 
property, as shown in FIG. 6. 

Next, like the first NR section 3a, the full wave rectification, the 
wave formation and the level detection are performed on the extracted 
component by the FWR portion 21 d, the wave forming portion 22d and 
the level detecting device 23d. Next, the control portion 24d controls 
the attenuating device 26d on the basis of the detected level and the 
attenuating property which is pre-stored in the memory 25d. 

Then, all of the output signals obtained from the respective 
attenuating devices 26a-26d are mixed by the mixer 27, and this mixed 
signal is fed as the noise reduced signal Snr into the amplifier 5. 

Thereafter, the amplifier 5 amplifies the noise reduced signal 
Snr such that the whole level of the noise reduced signal Snr is equal to 
the whole level of the input signal Si. 

In addition, if there is a necessity that the number of circuits 
arranged in the information reproducing apparatus 100 is decreased in 
order to make the construction simple, it is possible to remove the first 
NR section 3a of the noise reduction portion 3. This is because the 
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human audibility is not sharp in the low frequency band. 

Next, the attenuation properties AP1 through AP3 stored in the 
memories 25a-25d will be described with reference to FIG. 7. In FIG. 7, 
the abscissa represents the input level of the divided component of the 
adjusted input signal Sia (FIG. 3), and the ordinate represents the 
amount of the attenuation controlled by each control portion 24a-24d. 
As seen from FIG. 7, a plurality of attenuation properties AP1-AP3 are 
used, and these attenuation properties AP1-AP3 correspond to the 
frequency bands set by the BPFs 20b, 20c and HPF 20d, respectively. 

As shown in FIG. 7, if the input level of the divided component 
of the adjusted input signal Sia is equal to or lower than -66 dB, the 
amount of the attenuation is maximum, namely, 20 dB. This means 
that, if the noise level of the input signal Si (i.e., the level of the level 
detecting signal Sa) is equal to or lower than -66 dB, the noise reduction 
portion 3 can effectively reduce the noise contained in the input signal 
Si. Therefore, the maximum level Vnref to be used as the reference 
value for setting the attenuation factor and the amplification factor is set 
at -66 dB. Accordingly, if the noise level of the input signal Si is equal 
to or lower than -66 dB, the attenuator 4 does not perform attenuation. 
As a result, the input signal Si is input to the noise reduction portion 3 
without changing its whole level, and the noise component contained in 
the input signal Si can be effectively reduced by the noise reduction 
portion 3. On the other hand, if the noise level of the input signal Si is 
higher than -66 dB, the noise reduction portion 3 cannot effectively 
reduce the noise. In this case, the attenuator 4 reduces (attenuates) 
the whole level of the input signal Si before this signal is fed into the 
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noise reduction portion 3. As the whole level of the input signal Si is 
reduced, the noise level of the input signal Si is also reduced, and this 
noise level becomes equal to or lower than -66 dB. Consequently, the 
noise component contained in the input signal Si can be effectively 
reduced by the noise reduction portion 3. 

In addition, as seen from the attenuation property AP3 shown 
in FIG. 7, the input level is gradually lowered in the range of -55 dB to - 
66 dB. Therefore, it is possible to prevent the sound level from 
changing suddenly, and the feeling of the change of sound level can be 
removed. For the same reason, the input levels are gradually lowered 
with respect to the attenuation properties AP 1 and AP2, as shown in 
FIG. 7. 

In addition, although the maximum level Vnref is set at -66 dB, 
the present invention is not limited to this. It is possible to change this 
level depending on a modification of the information reproducing 
apparatus 100. 

According to the information reproducing apparatus 100 of the 
embodiment of the present invention, the whole level of the input signal 
Si is adjusted so as to make the noise level of the input signal Si equal 
to or lower than the predetermined level Vnref. Therefore, if the input 
signal Si from the tuner 51 , the input signal Si from the CD player 52 and 
the input signal Si from the cassette deck 53 are different in level from 
each other, the noise component contained in each input signal Si can 
be effectively reduced by one noise reduction portion 3. Accordingly, it 
is possible to simplify the construction of the information reproducing 
apparatus 100, and sound obtained from various types of the audio 
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components can be made clear. 

Furthermore, according to the information reproducing 
apparatus 100, it is possible to sufficiently reduce the noise, since the 
noise reduction portion 3 divides the input signal Si into four 
components whose frequency bands are different from each other. 

Moreover, the inverse number of the attenuation factor Ga is 
used as the amplification factor Gb, the amplification factor Gb can be 
calculated easily. Therefore, it is possible to restore the whole level of 
the input signal Si to the former level easily. 

Furthermore, it is possible to detect the noise level of the input 
signal Si accurately, since the sound existing part of the input signal Si 
is detected and the noise level detection is only performed on the sound 
existing part. 

In addition, although the information reproducing apparatus 
1 00 has the three audio components: the tuner 51 , the CD player 52 and 
the cassette deck 53, the present invention is not limited to this. For 
example, an MD player, a DVD player, an LD (Laser disk) player, a DAT 
(Digital Audio Tape) player, DCC (Digital Compact Cassette) player, etc. 
may be mounted on and connected with the information reproducing 
apparatus 100. 

The invention may be embodied in other specific forms without 
departing from the spirit or essential characteristics thereof. The 
present embodiments are therefore to be considered in all respects as 
illustrative and not restrictive, the scope of the invention being indicated 
by the appended claims rather than by the foregoing description and all 
changes which come within the meaning and range of equivalency of the 
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claims are therefore intended to be embraced therein. 

The entire disclosure of Japanese Patent Application No. 9- 
310231 filed on November 12, 1997 including the specification, claims, 
drawings and summary is incorporated herein by reference in its 
entirety. 
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